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571 ' ABSTRACT

The invention relates to a digital filter tree composed of

- a plurality of digital filter banks arranged in a tree struc-

ture one behind the other to branch out in stages with a
separation into Lyindividual signals taking place in each
stage and the sampling rate being reduced each time by
the factor Mywhere v=1,2, . . . identifies the vth stage.

- The filter tree employs a prototype filter with half-band
functions for channel center frequencies f;=1.B+B/2,

with a real frequency multiplex input signal being sepa-
rated into L,complex channel signals for further pro-

~cessing by means of a discrete Fourier transformation.
- For all stages My=:2 and L, =4 are fixed, with only two

signals of the L,=4 being utilizéd. The arrangement
permits adaptation of a hierarchical muiti-stage method
also to numbers of channels which are not equal to a

~-power of two without changing the input sampling

frequency and without the causing channels, whose
number is fixgd by the difference from the next higher
power of two, to idle.

2 Claims, 16 Drawing Sheets
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1
DIGITAL FILTER TREE

REFERENCE TO RELATED APPLICATIONS
This is a continuation-in-part of applicant’s eepend-

ing U.S. patent application Ser. No. 029 768, filed Mar |

24, 1987, U.S. Pat. No. 4,792,943.

'BACKGROUND OF THE INVENTION

The present invention relates to a tree arrangement of
digital filter banks, and more particularly to a tree of
digital filter banks for frequency multiplex signals.

Such digital filter banks as may be used in the present
invention demultiplex and multiplex digitalized fre-
quency multiplex signals. Prior digital banks of this type
are disclosed, for example, in an article by F. M. Gard-

4, 839 889

'dlsclosed in the above U.S. patent apphcatlon No.

2

029,768, are that FFT (fast Fourier transformation)
algorithms which are adapted for processing complex

-signals cannot be used to their best advantage.

SUMMARY OF THE INVENTION
A circuit cell to be used in a digital filter tree accord-

‘ing to the invention includes a digital filter bank for

10

effecting conversion between a frequency multiplexed
signal and a plurality of weighted filter signals, and a

- discrete Fourier transformation means connected to the

15

~ ner “On-Board Procesing For Mobile Satellite Commu-

nications’’, published in Final Report: ESTEC Contract

5889/84, Palo Alto, Calif.,, Gardner Research Com-
pany, May 2, 1985, and in an article, entitled “Compre-
hensive Survey of Digital Transmultiplexing Methods,”
by Helmut Scheuermann and Heinz Gockler, in Pro-

20

respective filter bank. The cells are connected to one
another in successive stages in an outwardly branching

‘tree structure such that, starting with the first stage, the
' frequency multiplexed signal is separated into L, indi-

vidual complex signals appearing on separate lines at
the vth stage, where v=1, 2, .... The Fourier transfor-
mation means of each cell effects a discrete Fourier
transformation between the weighted filter signals of
the cell and the L, individual complex signals, and the
sampling rate is reduced at the vth stage by My =L,.

- For all of the cells, for each cell of the vth stage: the

ceedings of the IEEE 69 of November, 1981, at pages

1419-1450. Among the drawbacks of known digital

filter banks of this type are that FFT (fast Fourier trans-
~ formation) algorithms which are adapted for processing

complex signals cannot be used to their best advantage.
Improved digital filter banks are disclosed in the

applicant’s above-noted copending U.S. patent applica-
tion No. 029,768, filed Mar. 24, 1987. Such digital filter
banks described in detail below are formed in circuit

frequency multiplexed signal contains component sig-

- nals each associated with a respective individual com-

235
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cells which include digital filter banks and permit opti-

mum utilization of FFT algorithms.
The circuit of each cell includes a dlgltal filter bank

for effecting conversion between a frequency mulitiplex-

35

signal having a sampling rate f4 and L product sums |

- corresponding to the sampled values of the frequency

multiplex signal, the pulse response of the filter bank
being of finite length, and a discrete Fourier transforma-
“tion device for effecting conversion between the prod-
uct sums and L individual complex signals. The sam-

~ pling rate is reduced by the factor M=L in the transfor-

mation device so that only every Mth value of the prod-

uct sums is processed therein. In the filter bank, the

frequency multiplex signal is a complex signal; the real

45

portion and the imaginary portion of this signal are

delayed in respective delay member chains associated
with partial sequences of individual signal values which

are sampled at a rate of f4/M. These signal values for
the real portion and for the imaginary portion are each
muiltiplied by the coefficients of the pulse response and
the latter are each multiplied by complex coefficients
and the respective ith complex 51gnals are summed to
form the L product sums. -

Filter banks of this type make possible Optlmum use
~ of FFT algorithms and are very efficient, i.e. they re-

- quire few adders and multipliers with respect to the

- tion, M, is a sampling rate reduction factor, .

plex signal and having a bandwidth B,: the weighted

Afilter signals have the form

nika) = TE sk = i) B - exp(miu/Lo)
where
I'u=P'Lv+qr . - |
¢=0,1,2,...L,—1, and

iV: P: qz(or 19 2: 3: L );
the frequency multiplexed signal is sy(k) and has a
sampling rate of f4y; h(1y) i1s a coefficient represent-
1ng a pulse response of a finite length fori,=0, 1,2
o .- 0 Nu_’l
. the discrete Fourier transformation has the form

L._,--l

DFT{y (kM) }
qg= 0

IW(kM,) = yw(kM,,q) - exp(2mgl,/Ly) =

where sp(kM,) represents the individual complex sig-
nals and DFT {—} is the discrete Fourier transforma-
Vg LU!

~ and the discrete Fourier transformation involves sam-

50

55 frv=1, -By+By/2 and 1,=0, 1, 2,

Re=s5,(kT,) and an imaginary portion Im=sy(kT}),

intended purpose and demands for steepness, transmis-

~ sion and blocking ripple, etc. The above U.S. patent
- application No. 029,768 also discloses a digital filter

_tree. That digital filter tree, whose block structure is
illustrated in FIG. 8 of the prior application and in
slightly simplified form in the FIG. 1 of the drawings
~appended hereto, characterizes the so-called hierarchi-
cal multi-stage method HMM and is designed in such a
manner that the stated form can be used for a number of
channels corresponding to a power of two. Among the
drawbacks of known digital filter trees such as that

pling with respect to every M,th value of the weighted

ﬁlter signals. |
Each component signal of the frequency multiplexed

signal 1s associated with a respective channel having a

‘channel number, Ly, and a center channel frequency
. Ly—1. The fre-
quency multiplexed input 31gnal 1S a complex signal,
real portion

and k is a time factor=..., —-1,0, +1....
~ Each filter bank in the vth stage includes two chains
of Ny—1 delay members each having a delay of Ty 11

- and each processing a respective portion of the complex

65

signal, where N, is the number of samples of the fre-

quency multiplexed signal associated with each set of
weighted fiiter signal values output by the filter banks
of the vth stage and T,=1/f4,. Each filter bank also
includes: (1) sampling means for sampling the signals
assoclated with each delay member at a rate corre-
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sponding to the sampling rate of the frequency multi-
plexed signal reduced by M,; (2) a first processing
means for effecting conversion between each sample
signal associated with a given delay member and an
associated weighted sample signal; and (3) a second
processing means for effecting conversion between
selected weighted filter signals and selected weighted
sample signals.

It is the object of the invention to provide a digital
filter tree of the above-mentioned type which makes it
possible to modify the hierarchical multi-stage method
HMM in such a manner that the total number of chan-
nels to be demultiplexed is increased from the power of
two Log=2/ to L', where Lo<L’'<2Lg and with the
input sampling frequency f4,=4Lo.B being retained,
where B is the channel bandwidth. This should also be
possible without the demultiplexer being designed for
the next higher power of two, 2.Lg, in which case
2Lo—L' channels would be i1dle. The realization of this
objective should be as inexpensive as possible.

This may be accomplished by modifying the prior
tree structure as disclosed, for example in the above
copending U.S. patent application No. 029,768, so that
for all stage v, the reduction in the sampling rate from
stage to stage 1s a constant value My =2 and the number
of complex signals output by each filter bank in each
stage is a constant value L,=4, and the frequency
mulitplex signal for the first stage at the input side 1s real
and the sampling rate at the input of this first stage is cut
in half. In accordance with another aspect of the inven-
tion, in addition to the sampling rate reduction factor
M, being equal to 2 and the number of individual com-
plex signals appearing on separate lines L, being equal
to 4 for all stages v, the first stage (v=1) forms a true
four-branch system having four output signals so(2kT)),
$1(2kT), s2(2kTy), s3(2kT1), are each fed to the subse-
quent stage; only two output signals of each of the cells
of the next following stages are input to subsequent
stages; and the circuit further includes: (1) a prefilter
having an output coupled to the first stage (v=1) for
producing the complex input signal sp to the first stage
by sampling at the rate 2f4; from a real frequency multi-
plex input signal sp(kTy), To=T=1/f40, and (2) means
for spectrally offsetting the two partial spectra of sy and
s3 output by the first stage, which do not come to lie
directly in the band O to f41/4.

The present digital filter tree has the advantages that
the hierarchical mulit-stage method HMM can be used
unrestrictedly for general applications, i.e. also for num-
bers of channels which not equal a power of two. The
realization is inexpensive and the input sampling fre-
quency remains in effect. A further advantage is that the
structure 1s made more uniform in that exclusively iden-
tical HMM celils are required so that the circuit be-
comes very well suitable for integrated realization.

BRIEF DESCRIPTION OF THE DRAWINGS

These and other features and advantages of the inven-
tion will be more completely understood from the fol-
lowing detailed description of the preferred embdodi-
ments with reference to the accompany drawings in
which:

FIG. 1 1s a block circuit diagram of a circuit cell
portion including a digital filter bank which may be
used in the digital filter tree according to the invention;

FIG. 2 1s a circuit diagram of a filter circuit including

the digital filter bank of FIG. 1;
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FIG. 3 is a diagram of a circuit arrangement of part of
the digital filter bank of FI1G. 2;

FIGS. 4a-h are diagrams of several frequency spectra
generated during signal processing by the digital filter
bank;

FIGS. §, 6 and 7 are circuit diagrams of particularly
favorable realizattons corresponding to FIG. 3 of the
digital filter bank;

FIG. 8 is a diagram of a hierarchical multistage tree
structure employing a plurality of digital filter banks;

FIG. 9 1s a circuit diagram of a particularly favorable
optimum circuit arrangement for a digital filter bank;

FIGS. 10a-c are diagrams of several frequency spec-
tra generated during signal processing by the hierar-
chiacal multistage tree structure of FIG. 8;

FI1G. 11 is a simplified circuit diagram of the tree
structure shown in FIG. 8 for a demultiplexer for 16
channels;

FIG. 12 1s a circuit diagram of a DAF filter for use in
the digital filter bank of FIG. 2, in which a complex
output sample value is furnished of every pair of two
successive samples of the input sequence;

FIG. 13 shows a block structure of a simplified ar-
rangement of the digital filter bank, similar to that
shown in FIG. 9;

FIG. 14 1s a block diagram of the digital filter tree

according to one embodiment of the invention;

FIGS. 15a¢ and 15b are diagrams of several frequency
spectra generated during signal processing by the digi-
tal filter tree shown in FIG. 14;

FIG. 16 1s a block diagram of the digital filter tree
according to another embodiment of the invention;

FIGS. 17a and 175 are diagrams of several frequency
spectra generated during signal processing by the digi-
tal filter tree shown in FIG. 16.

DESCRIPTION OF THE PREFERRED
EMBODIMENTS

The block in the center of FIG. 2 represents a digital
filter bank DiFiBa. It is fed by a complex frequency
multiplex signal s(kT) which, as shown by the example
of FIG. 2, is generated by oversampling at a rate 2f
from a frequency multiplex signal FDM and subsequent
filtering by means of a digital anti-aliasing filter DAF,
followed by normal sampling at a rate f4=1/T. The
term k represents a time factor, = ... —2, —1, 0, +,
+2 ..., representative of the moment of each signal
element.

The digital filter bank generates L. complex signals
which are then again processed, by means of a DFT
(discrete Fourier transformation) or FFT processor,
into L complex signals which are each demodulated on
an individual channel by means of a respective demodu-
lator Dem.

FIG. 1 1s a block circuit diagram showing the digital
filter bank composed of a block for the real portion and
a block for the imaginary portion of the complex fre-
quency multiplex signal. By processing at a low sam-
pling rate, indicated by a perpendicularly downwardly
oriented arrow, with a reduction factor M=L, these
blocks generate product sums vA{0) . . . v{L) from the
real portion of signal s and v{0) . . . v{L) from the
imaginary portion of signal s to serve as the L complex
Input signals for the subsequent discrete or fast Fourier
transformation. This applies for channel center frequen-

cies fj=I[.-B, where | is the consecutive channel number
and B the channel bandwidth.
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For channel center frequencies fi=I-B+B/2, the
complex output signals of the two filter blocks must still

6

adjaeent channels located at both sides due to the transi-

- tion regions.

be multiplied by the complex factor exp (jrq/L), q=0
.. L—1, before they are fed to the Fourier transformer,

as shown in FIG. 1, where the L input signals to the

- Fourier Transformer (DFT) are distinguished by the

index q and its L output signals by index 1.

FIG. 3 shows a processing block of the digital filter

bank of FIG. 1 composed of a chain of N—1=9 delay
members each producing a time delay of T. The real
portion s{kT), of the complex input signal, or the imagi-

10

- nary portion s{kT), enters into one end of this chain.

The N=10 sampling values of the signal sequence are
sampled at a sampling rate 1/(MT) and are each multi-
plied by a coefficient h(0), . . . h(N—1) of the pulse

response of the complex filter. Since 1/T represents the

135

input sampling rate of the system and 1/(MT) its output
sampling rate, M is the decimation ratio of the system.

In essence, it can be set to an arbitrary integer with
M=L. |

Then the products of h(0), h(M) . .. and the products
of h(1), h(1+M)... etc. are added in selected combina-
tions to form L =4 product sums v{kM, 0), . . . v(kM,
3). The filter coefficients h(0), h(1), .
obtained with standard programs for filter synthesis,

such as that described by J. H. McClellan et al,:
computer program for designing optimum FIR linear
phase digital filters”, IEEE Trans.

troacoust. AU-21 (1973) 12, p. 506-526.

The arrangement described above for the real portion

1s also used for the imaginary portion from which the

- product sums v{(kM, 0), . . . v{kM, 3) are produced.

FIGS. 4a-h show the frequency spectra for a digital
filter bank having I.=16 channels of which only 1=3 to
13 are being used. The channel grid is designed for
center frequencies fi=I-B+B/2.

FIG. 4a shows the frequency spectrum s, of the fre- -

quency mulitplex signals as a result of analog bandwidth
limitation and oversampling at a sampling rate 2f4.
Channels 3 to 13 are shown in the normal position in the
frequency range O to f4 and in the inverted position in
the frequency range f4 to 2f4.

FIG. 4b shows the frequency characteristic of the
DAF filter of FIG. 2. It has a transmission behavior of
| |Hp,41c(exp (]27:'f/fA))l with compiex coefficients and,
- as shown, 1s provided with a transmission range that is
symmetrical to f4/2, thus making it most economical.

FIG. 4c¢ shows the frequency spectrum s(exp
(j2mf/f4)) of the complex signal s(kT) after periodic
sampling at f4=1/T, with all channels 3 to 13 being

- generated in the normal position in two frequency

ranges.
FIG. 4d shows the transfer functlon | Hprolexp
(J27f/f4))| with a transmission range of —B/2 to +B/2

and filter transition regions each having a width B. This

transmission characteristic is repeated at the multiples
of sampling rate f4.

, h((N—1) are __

20

FIGS. 4g and 44 show the frequency positions of
channels having an odd number s7(exp (j27wL£/2f4)) and
an even number sg(exp (j2wL{/2{4)) after the sampling
frequency has been reduced by the factor M=L/2.

F1G. 5 shows a polyphase embodiment of the digital

filter bank for the special case of M=L and for channel
center frequencies fj=/I-B or fi=I[-B+B/2. Shown, in
representative form is the processing of the real portion
of the complex input signal. By means of a demulti-

plexer, represented by a rotating switch switching from

one terminal to the next at the rate fy4, this succession of

input signals s(kT) is distributed at the sampling rate of

f4=1/T to M=L branches of delay members, each
delay member having a delay of M.T. In each one of

these M branches, every Mth value of the partial se-

quences 1s multiplied by the coefficient h(i) where
=u+kM (for p=0, 1, ... M—1 and k=0, 1, 2,

N/M) and is then summed to form the individual prod- o

uct sums vA{kM, ).
The descisive advantage of this arrangement 1s that,

-~ except for the input demultiplexer switch, all operations

235

iiA.

Audio Elec-
30

‘including storage and delay of the data is effected at the

reduced output rate f4/M.

FIG. 6 shows a modified polyphase network where -

the filter bank according to the invention is realized by
M branches, where M=L/K, and for channel center

frequencies fj=/-B or fi=I.B+4B/2, and where K is an
integer number such that the division of the integer L

by K results in an integer M.

35

45 fi=

50

The processing unit for the real portion v{kT) of the
complex input signal is again shown by way of example,
an identical arrangement being required for the imagi-
nary portion. The input demultiplexer switch distributes
the input signal sequence at the sampling rate f4=1/T

- to the u branches each having a chain of N/M —1 delay

members. In each chain, all Kth values of the partial

- sequence are combined by means of k summing mem-

bers to form the signals v{kM, n) to v{kM, u+L/K)
for u=0,1,..., M—1.

FIG. 7 shows a modified polyphase embodiment of
part of the digital filter bank for the case of L=4, M =3,
N=9 and for channel center frequencies f;=/-B or
[.B+B/2. The processing unit for the real portion of
the complex input 51gnal is shown by way of example.
The input sequence is distributed by means of a demulti-
plexer switch to branches u=0, 1, 2, each including two
delay members, with each delay member producing a
delay of 3T. The individual values of the partial sequen-
ces are multiplied, by means of coefficients h(i) of the
pulse response of the filter, withi=0,1,...to N—1=8

-and the resultmg products are added by means of L =4

- summming members to form the product sums

33

In FIG. 4e¢ the transfer function is shlfted by

fm=1.-B=7B as a result of complex modulation with
exp (2wfm/f4)=exp (j271B/f4)=exp (jZ'n'l/L) The
transfer function |Hprdexp (j27f/f4))| is the transfer
function of a prototype filter, as defined in FIG. 44,

from which all other slot transfer functions of the filter. |

bank are derivable.
FIG. 4f shows the result of filtering by means of a
filter having the characteristic shown in FIG. 4e. It

635

shows channel 7 in the normal position with vestiges of

.The terms hO, hi, h2, ...,

VO=Hh0- hd 4 h8,
vl=#hl+AhS,
v2=h2-+h6, and

v3=h3+HhT.

_ ., h8 are product terms. In |
accordance with FIG. 7, we have, for instance:

0=340-1)A(0)

hd=s4(4THh(4)
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h8=s/87)h(8)
or
S
W =5{0-1) 4+ s{4Th(3)+sABT)h(B).
An exemplary set of coefficients h(0), . . ., h(8) 1s:
HO)=h(8)=0; W{(D)=~a({T)=—0.111206T7,; 10

A(2)=h(6)=0; A(3)=h(5)=0.5251383;
h(4)=0.6155718.

FIG. 8 shows a tree structure embodiment in which
the complex input signal Sp(kT) is divided into complex 15
individual signals in stages, each stage composed of
filters H1v and HgY having complex coefficients, in each
stage the sampling rate being half that in the preceding
stage.

The blocks of FIG. 8 termed Ho¥|Hv with v repre- 20
senting the vth stage=I, II, III, IV, V are given by
FIG. 1 with L=4, where only two output signals of
each block are exploited. Hov represents the transfer
function fo a complex lowpass filter and HV that of a
complex bandpass filter, as defined in the characteristics
shown in FIG. 10c¢. All these filters have complex coef-
ficients, indicated by the underlining of the respective
quantities. Furthermore, FIG. 104 shows again the fre-

quency response of the prototype filter Hpo, from
which the transfer function Hpgr of the DAF (FIG.

106) and those of the subsequent stages v=%0 (FIG. 10¢)
are derived (see FIGS. 1 and 2). All terms beginning
with capital S represent spectra at the input of output
ports of a stage filter cell Ho¥ | Hyv, which are depicted
in FIGS. 10a-c. The input sampling rate of the overall
filter band is given by fi;=1/T.

FIG. 9 shows a particularly economical arrangement
of a digital filter bank which additionally results in a
particularly economical configuration for the subse-
quent DFT processor. The arrangement results for
L=4, M=2, N=15 (where N=8u —1, u being an inte-
ger number as desired) and for channel center frequen-
ctes f1=[B+B/2.

Both a real portion and an imaginary portion are
shown, both having identical structures. In the real
portion as well as in the imaginary portion, the complex
input signal s(kT) is distributed, at the timing of the
sampling frequency f4=1/T, to two chains of delay
members. The first chain is composed of (N—1)/2=7
delay members each having a delay of 2T and the sec-
ond chain 1s composed of a delay member having a
delay of T(IN—3)/2=6T. Since the coefficients h(i) for
1=1, 3,5, 9, 11, 13 are zero, only the output of this delay
member 6T 1s multiplied by h7=4. The sampled values
obtained - at the first delay chain are multiplied by
h0-V'2, h2-\/2, -—-h4-\/2, —h6.V2 and, since the pulse
response 1n this example 1is symmetrical, by
h8-V2=h6V2, h10-V2=h4-V2, —h12-V2=—h2.2
and —h14-V2=—h0-V2. Then, all M second products

25
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are summed to 60
v{0) ="V 2[h0-s (k) — hd-s (k ~ &) + h6-5 {k—8) — h2-5,.
v{(0) =V 2[h0-s (k) — hd-s{k —4) + h6-5 {k — 8) — h2-5 (- 65

k—12)],

—v(2Q)=V2[h2-s{k—2)— h6-s{k — 6) + hd-
sk — 10}~ h0-s{k— 14)],

8
v(2)=V 2[h2-5{k —2) — h6-s{k — 6) + hd-s (k — 10) —-
h0-s(k —14}],
as well as

vA(3)={s{TT)—s{77)]-A7 and
vi(3)=Is T +s{TT)]-AT.

The quantities hQO, h2, h4, h6 and h7 are the coeffici-
ents of the prototype filter Hy,, the frequency response
of which i1s defined in FIG. 10a (Filter synthesis as
aforementioned). An exemplary set of coefficients is:
h0=0, h2=0.018454, h4= —0.090328, h6=0.426544,
h7=0.5.

Since v(1) 1s 1dentical to O, these three complex sig-
nals v(0), v(2) and v(3) form the complex input signals
for the subsequent DFT processor which needs to per-
form merely a few summations and subtractions:

s1A2k)=vA0)—vA2)+v{(3),
50A2Kk)=vA0)+vA{(2) +vA3),
5242K) = vA0)+vA(2) — v{(3),
53K2K) =vA0) — v(2) —v{(3),
s0i(2k) = v{0) + v{(2) +v(3),

5142k)=v{(0)—v2)— vA3),

520(2k)=v{0) + v{2) —v{(3),

and

s32K)=v{0)—vA2)+vA3).

In contrast to FIG. 9, if v(3)=0, p being an integer
number disappears for N=8u + 3; instead v(1)5£0. Oth-
erwise the same relationships result.

Now follows a mathematical description of the digi-
tal filter bank for complex input and output signals.

The object is to filter out the complex input signal

S(kT)=s(k) from the input spectrum of the frequency

multiplex signal by means of the filter H{exp (G27i/f4)),
having complex coefficients, where l{exp (j27f/f4))
represents the transfer function of the digital filter bank
for channel 1.

The pulse response (complex terms are underlined)

hD=n{i)} exp 2wi/L), i=0,1, ..., N—1 (1)
of the complex filter, derived by means of frequency
shifting from the real prototype filter h(i)=H,,, (exp
(2mt/14)), the (complex) output signal results as a prod-
uct of folding:

3 2
S sk — DAt

I+ —

S1(k)

DEG stk — D) g2t/ L

= — o

The desired signal, which is related to the sampling

frequency f4/M reduced by the factor M=L, then
results as follows:
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@ | L 1) - (10)
SitkM) = f=§— m.!(kM —. DA(D) efZ'mf/L | exp [ 2 w—]___ e;?:rqf/L elimpn/m oilm(gn/Lm)
~ Blocks of a length L are now formed for suitable 3 _ |
processing where ° o - Thus, Equations (7a) and (7b) become
i=Lp-+q withp=—co ... w0, g=0, 1,... L—1 (4) ) (11a)
Entered into (3), this results in B - WkM,g) = > s(kM — pL — q)h(p,: + g)ef2mpn/m gjkmign/Lm)
10 P=— 0
- | | = GEG S(kM — pL — qYh(pL + gq)
| L1 (5) p==—o |
sitkM) = 2 S SkM — Lp — g)h(LP + q)ef?-w(LMq)J/L
T g=0 .P__m | I —1 (11b)
(5 SKkM) = 2 WkM,q)e2m9/L = DFT{XkM,q)}
The exponential term can here be sunphﬁed (p 1, =0
Le | _ ‘ ,
to N) This also applies generally for channel center fre-

612W(Lg+ QUL — gf2mply2mql/L . j2mql/L (6)

By abbreviating the values v(kM,q) which are identi- 2
cal for all 1 channels there then results:

(72)
25
(7o)

S(kM

WkMg) = 3 — pL — Qh(pL + q)

! P=__m

_-.ft(kM) LE WkM,q)e/279//L = DF T{E(kM q)}

g=0

ThlS is apphcable for ehannel center frequenmes
fi=1B.

The realization of Equations (7) is shown essentially
“1n FIGS. 1 and 3. First it is necessary to perform pro-
cessing (Equation 7a) with the sampling frequency re-
duced by the factor M to arrive at the complex values _
 v(km,q); see FIG. 3; here, the parts for calculation of the
real portlon are ldentleal to those for the calculatlon of
the imaginary portion.

The compiex values v(kM,q), 1= O L-— 1 must be
subjected, as a block, to a DFT of a length L. This
optimally utilizes the efficiency of the DFT algorithm
- (or any desired FFT algorithm) since complex 31gnals
are. requlred as input as well as output values.

It is also possible to shift the channel grid by one-half

a channel bandwidth or as desired by n/m (n, meN;
n<m) with respect to FIG. 4 where n and m are inte-
ger numbers and n<m. |

Then, 1nstead of (1), the fellowmg apphes |

40

45

® 5o

| N J.0; ='}.z(f)exp [j.?.frf J!%/m)—:l

. _ ' . _ @) 55
ki) = h(Dexp [}’wa —(ﬁ—f@—] . T

Then Equation (5) reads as follows:

| . L—-1 &
- 9=0p=—ow

“and the exponential term (6) n, me/N, n<m, becomes

20

30

35

- tions and two additions for each q=0, 1,

quencies fj=I[-B+B-n/m.
The complex coefficients

H(P L+4-g)=h(pL+ q)eflﬂrpn/ maj2m(gn/Lm) (11¢)

take the place of the originally real coefficients.
h(pL+q), which, for the calculation of the values

v(kM,q), corresponds to doubling the original number
of multiplications and additions. |
For m=2 and m =4, there also exists the possibility of

calculating v(kM,q) by way of

kM) = 3 kM —pL — QhQL + o7/ (122)
where m=2 is
g2TPn/2 _(_ 1)ynp (125)
and m=4 18
- é;'zwpnﬁ: jnp (120)

Thus the effort required to calculate v(kM,q) of '

- Equation (12a) and v(kM,q) of equation (7a) is identical
Finally, this results in

WM, q)=yp(kM,q)e’>m(an/Lm) (12d)

which generally requires an additional four multiplica-
, L—1,if
- n=#0. Compared with the effort for Equatlon (11), the

effort for
Equation (12) is al_ways less 1f

4L <2N ° (13)

‘which is frequently the case.

Another possibility for m=2 and m=4 1s to combine
the factors exp (j27gn/(Lm)) (Equation 12d) with the

DFT to obtain an odd (ODFT), which results in a fur-
ther reductlon of effort.

s(kM — pL — @h(pL + g)exp |:f277 &méx-ﬂﬂ:l '

It 1s known that any desired digital signal processing
network can be converted to a dual function network

- by transposition. For example, a digital filter bank for

the frequency separation of frequency multiplex signals
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can be converted, by means of the transposition
method, into a filter bank for the frequency combination
of individual signals into a frequency multiplex signal.
For the above described structures, this means that all
signal flow directions are reversed (l.e. exchange of S
input and output, adder becomes branching member,
branching member becomes adder, DFT becomes in-
verse DFT). The method of transposing digital net-
works is described in the article entitled, **On The
Transposition Of Linear Time-Varying Discrete-Time 10
Networks And Its Application To Multirate Digital
Systems”, Philips J. Res.,, Volume 33, 1978, pages
78-102.

FIG. 11 is a simplified circuit diagram of the tree
structure shown 1n FIG. 8 for a demultiplexer for 16 15
channels. The digital filter tree includes all identical
cells Hpand Hj and has an anti-ahasing filter DAF at its
input. . The complex signal so(2kT) produced by means
of the DAF filter from the real input signal sp(kT) is
here divided into complex individual signals. This divi- 20
sion occurs in stages each employing the stated filters
Hop and H) with complex coetficients and by each time
cutting the sampling rate in half.

FIG. 10aq shows again the frequency response of the
prototype filter Hpsor, from which the transter function 25
Hp4r of the DAF (FIG. 10b) and those of the subse-
quent stages v=%<0 (FIG. 10¢) are derived (see FIGS. 1
and 2). All terms beginning with capital S represent
spectra at the input and output ports of a stage filter cell
_I:I_OUIHN’, which are depicted in FIGS. 10a-c. The input 30
sampling rate of the overall filter bank 1s given by
fsi=1/T=fq0.

From FIGS. 10a-¢ which show the spectral relation-
ships it 1s evident that the DAF filter as well as all cells
HAare derived from the same prototype filter. 35

In detail, the following is shown in:

FIG. 10q, the spectrum of the halfband prototype
filter for all HMM stages v and the DAF stage;

FIG. 10), the spectral relationships at the DAF filter,
at the top for the real input sequence sp(kT) and the 40
transfer function |Hpgr(e/Y)| and below it for the com-
plex output sequence sp(2kT) and below it for the fre-
quency shifted spectrum So%e/2<Y).

FIG. 10c shows the spectral relatonships for the
HMM stages v=1, II, III or IV, also downstream of the 45
DAF filter. The symbol A here represents the slot num-
ber of the HMM stage under consideration and v—1I
identifies the preceding stage while v+1 identifies the
next following stage.

The top of the figure shows the transfer functlons of 50
the two filters Hp and H; as well as the spectra of their
complex input signals. Below that is the spectrum of the
complex signal of the Hp filter and below it the spec-
trum of the H filter. At the very bottom is the shifted
output spectrum resulting from S1(exp(j2QV)). 55

FIG. 12 is a circuit diagram of a DAF filter for use in
the digital filter bank of FIG. 2, in which a complex
output sample value is furnished for every pair of two
successive samples of the input sequence.

FIG. 13 shows a block structure of a simplified ar- 60
rangement of the digital filter bank, similar to that
shown in FIG. 9, as an example for filters Hpand Hy; it
can be used to realize every one of the 15 identical
HMM filter cells of the demultiplexer of FIGS. 8 and
11. 63

In accordance with one aspect of the invention, for
all stages v, the reduction in the sampling rate from
stage to stage 1s a constant value M, =2 and the number

12

of individual complex signals appearing on' separate
lines at the v-th stage L, =4 1s fixed. Also, (1) the first
stage (v=1) forms a true four-branch system having
four output signals so(2kTi), s1(2kT1), s202kTH),
$3(2kT1), which are each fed to the subsequent stage; (2)
only two output signals of each of the cells of the next
following stages are input to subsequent stages; and the
circuit further includes: (a) a prefilter having an output
coupled to the first stage (v=1) for producing the com-
plex input signal sp to the first stage by sampling at the
rate 2f41 from a real frequency multiplex input signal
sp(kTo)=sp(kT), and (b) means for spectrally offsetting
the two partial spectra of s and s3 output by the first
stage, which do not come to lie directly in the band O to
f41/4.

FIG. 14 shows the block structure of a digital filter
tree according to a first embodiment of the present
application which functions in the above manner. The
associated spectral illustration 1s given in FIGS. 15 and
156. The DAF filter is identical with that shown in
F1G. 12, omitting the multiplications with sin k7/2 and
cos kw/2 as well as the subsequent adders. The DAF
filter 1s followed by a cell having four outputs which is
identical with the cell shown in FIG. 9. All coefficients
could be multiplied with the factor y/V'2, with ¥ being
the general scale factor. The necessary multiplications
with (—1)% are shown in FIG. 4. The remaining cells
Ho and H; are identical with that shown in FIG. 13.

In detail, the spectral representation in FIGS. 15 and

156 shows the following:
the transfer function of the prototype filter for all
HMM cells with v=1, .. ., but not for the DAF filter,

corresponds to the diagram of FIG. 10a.

FIG. 15a shows transfer functions IHDAF(eIQ)| and
the signal spectra |Sp(e/)| and [SD(ef?- )| of the DAF
filter. Compared with FIG. 105, it can be noted that, in
contrast to the half-band version of FIG. 105, where the
transmission band and the transition region as well as
the stop band have the same widths, the pass band ac-
cording to FIG. 13a i1s broader, and so is the stop band,
and the transition region is shortened correspondingly.
In this broadened transmission range, channels are ac-
commodated whose number goes beyond the power of
two Lg. The lower diagram of FIG. 15a shows the
complex signal spectrum |Sp(e/?Y)| after the sampling
rate has been cut in half.

FIG. 156 shows the frequency spectra in_a manner
corresponding to FIG. 10c¢, here for the four cells of the
first stage, with the upper diagram showing the four
transfer functions Ho, Hi, Hz and H3 as well as the input
signal spectrum.

Below the upper diagram in FIG. 156 are shown the
output spectra So and S, while the diagram therebelow
shows the spectra S1 and S3. The lowermost diagram of
FIG. 155 shows the spectra §1 and Sj after spectral shift
into the base band.

In accordance with another aspect of the invention,
for all stages v, the reduction in the sampling rate from
stage to stage 1s a constant value M, =2 and the number
of complex signals output by each filter bank in each
stage 1s a constant value Lgs=4, and the frequency
multiplex signal for the first stage at the input side is real
and the sampling rate at the input of this first stage is cut
in half.

A block circuit which functions in this manner is
particularly suitable for integration and is shown in

FIG. 16. In this case, all stages are realized exclusively

from the two filters Ho and Hj. All blocks are identical
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with FIG 13. In stage I the 1mag1nary portion of the

input signal is identical to zero. Such a realization is also

possible for L'=Lg. It must be emphasized that any
scale factor can be employed in the block circuit dia-
gram of FIG. 13. The spectral relationships can be
found in FIG. 17a where the transfer function of the
prototype filter is the same as that of the prototype filter

of FIG. 10a and the signal spectrum is broadened in a

corresponding manner over the range from zero to fsi/2 |,

5

14

Ly—1

(kM) = wlkMy,g) - exp(2mgly /Ly) = DF T{Pu(kaG')}

g=0

| where

10

in correspondence with the number of channels, i.e. for

example not equal to a power of two.
In FIG. 17b, the signal spectra Sp and S are plotted

one below the other, with the frequency shift of spec-

trum S; toward §'o being considered in a further low

15

diagram. The signal spectra identified below FIG. 176

are the spectra of the first stage (v=I); the frequency
spectra of the subsequent stages are shown in FIG. 10c,
or they correspond to the above representation of FIG

17b.

The invention now being fully described, it will be

 apparent to one of ordinary skill in the art that many

20

changes and modifications can be made thereto without

departing from the spirit or scope of the invention as set 25

forth herein.
The present dlsclosure relates to the subject matter

disclosed in German Application No. P 36 10 195.8 of

Mar. 26, 1986 and German Application No. P37 32

which are incorporated herem by reference

- What is claimed is: |
1. A frequency multlplex circuit including a plurality
of digital filter cells, each including a digital filter bank

for effecting conversion between a frequency multi-

plexed signal and a plurality of weighted filter signals,

and a discrete Fourier transformation means connected

to the respective filter bank, the cells being connected
to one another in successive stages in an outwardly

. 085. 8 of Sept. 24, 1987, the entire specifications of 30

35.

stage, the frequency multiplexed signal is separated into
Ly individual complex signals appearing on separate |

lines at the vth stage, where v=1, 2, ...,

_ the Fourier
transformation means of each cell effecting a discrete
Fourier transformation between the weighted filter

~signals of the cell and the L, individual complex signals,

45

~ and the sampling rate is reduced at the vth stage by

=L, whereln for all of said cells for each cell of the
| vth stage: | | .
‘the frequency multiplexed signal contains component

50

signals each associated with a respective 1nd1v1dual |

complex signal and having a bandwidth B,;
the weighted filter signals have the form

Yulkq) = +Em Sulk — iy) - :Ay) - exp(imiv/Ly)
. ="
where
fv =P'Lv+q:
q=0! 'Ir 2: o o Lv—l, and

iy, D, q=@0,1,2,3,...)

branching tree structure such that, starting with the first 0

Sn(kM,) represents the individual complex srgnals-
and
'DFT {-} is the discrete Fourier transformation, M,
is a sampling rate reduction factor, My=L,, and
the discrete Fourier transformation involves
- sampling with respect to every M, th value of the
| weighted filter signals; |
each component signal of the frequency multiplexed
signal is associated with a respective channel hav-
ing a channel number, l,, and a center channel
frequency fi,=lBy+By/2 and 1,=0, 1, 2, . . .
Ly,—1,
the frequency multiplexed signal is a complex signal,
- splkT)=snfkTy)+jsi(kTy) with a real portion
Re=s(kT,) and an imaginary portion Im=-
- si(kTy), and k i is a time factor=..., —1,0, +1.
» and -
each filter bank in the vth stage comprising: two
- .chains of Ny—1 delay members each having a
~delay of Ty41 and each processing a respective
portion of the complex signal, where N, is the
number of samples of the frequency multiplexed
- signal associated with each set of weighted filter
- signal values output by the filter banks of the vth
stage and T, = 1/f4y; sampling means for sampling
the signals associated with each delay member at a
rate corresponding to the sampling rate of the fre-
quency multiplexed signal reduced by M,; first
- processing means for effecting conversion between
each sample signal associated with a given delay
“member and an associated weighted sample signal;
and second processing means for effecting conver-
sion between selected weighted filter signals and
selected weighted sample signals; |
- for all stages v, the sampling rate reduction factor
M, =2 and the number of individual complex sig-

nals appearing on separate lines at the vth stage
'L.=4 are fixed, with only two signals of the L., =4

being utilized;

the frequency multiplex signal for the first stage v=1
“at the input side is real and the sampling rate at the

input of the first stage is cut in half. |
- 2. A frequency multiplex circuit including a plurality
of digital filter cells, each including a digital filter bank
for effecting conversion between a frequency multi-
plexed signal and a plurality of weighted filter signals,

~and a discrete Fourier transformation means connected
- to the respective filter bank, the cells being connected

33

to one another in successive stages in an outwardly
branching tree structure such that, starting with the first

stage, the frequency multiplexed signal is separated into

- L, individual complex signals appearing on separate

the frequency rnultlplexed 51gnal 1S Sy(k) and has a '

~ sampling rate of f4,;
h(iv) 1s a coefficient representing a pulse reSponse of a

finite length for i,=0, 1,2 ... Ny—1; | |
the discrete Fourier transformation has the form

65

lines at the vth stage, where v=1, 2, .

, the Fourier
transformation means of each cell effecting a discrete
Fourier transformation between the weighted filter
signals of the cell and the L, individual complex signals,
and the sampling rate 1s reduced at the vth stage by
M, =L,, wherein for all of said cells for each cell of the
vth stage:
the frequency multiplexed signal contains component
signals each associated with a respective individual
complex signal and having a bandwidth B,;
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the weighted filter signals have the form

+ =0 _ _ .
nlkq) = 2 sk — 1) Ay) exp(miy/Ly)

P=—w s
where
fv=p'LV+qu
q=0! 1! 2: I Lv—l, and
iu, D q=(0, 1, 2, 3, . .. ) i0

the frequency multiplexed signal is sy(k) and has a
sampling rate of f4y;

h(i,) 1s a coefficient representing a pulse response of a

~ finite length for i,=0, 1,2 ... Ny—1;

the discrete Fourier transformation has the form 15
Ly—1
h(kMy) = q E 0 y(kMy,q) - exp(27 gly/Ly) = DFT {Ev(kM U:Q)]'
20
where
si(kMy) represents the individual complex signals
and

DFT{.} is the discrete Fourier transformation, M,
is a sampling rate reduction factor, My=L,, and 23
the discrete Fourier transformation involves

sampling with respect to every Mvth value of
the weighted filter signals.

each component signal of the frequency multiplexed
signal 1s associated with a respective channel hav-
ing a channel number, l,, and a center channel

frequency

ﬂu=lu'Bu+Bu/2 and 1p=—0, 1, 2, . o Lu_l, 35

the frequency multiplexed signal is a complex signal,
splkTv)=sn(kTy)+jsi(kTy) with a real portion
Re=5(kT,) and an imaginary portion Im=-

45

50

35

65

16
si(kTy), and k is a time factor=..., —1,0, +1.
.. ; and

each filiter bank in the vth stage comprising: two -

chains of Ny—1 delay members each having a
delay of Ty+1 and each processing a respective
portion of the complex signal, where N, is the
number of frequency multiplexed signal values
assoclated with each set of weighted filter signal
values output by the filter banks of the vth stage
and T,=1/f4.; sampling means for sampling the
signals associated with each delay member at a rate
corresponding to the sampling rate of the fre-
quency multiplexed signal reduced by M,,; first
processing means for effecting conversion between
each sample signal associated with a given delay
member and an associated weighted sample signal;
and second processing means for effecting conver-
sion between selected weighted filter signals and
selected weighted sample signals; wherein for all
stages v the sampling rate reduction factor My =2
and the number of individual complex signals ap-

pearing on separate lines at the vth stage L, =4 are
fixed, |

the first stage (v=1) forms a true four-branch system

having four output signals so(2kTi), s1(2kTy),
$2(2kT1), s3(2kT)), are each fed to the subsequent
stage, and

only two output signals of each of the cells of the next

following stages are input to subsequent stages; and

the circuit further comprising

a prefilter having an output coupled to the first
stage (v=1) for producing the complex input
signal sp to the first stage by sampling at the rate
2f41 from a real frequency multiplex input signal
Sp(kTgp), and

means for spectrally offsetting the two partial spec-
tra of sj and s3 output by the first stage, which do

not come to lie directly in the band O to f41/4.
* * : X -
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